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100 ™ EACH FRAME IS DIVIDED INTO N PARTITIONS

!

THE AMOUNT OF AVAILABLE CPU RESOURCES FOR A GIVEN FRAME
TRANSLATES INTO THE NUMBER OF QUALITY LAYER PARTITIONS,
102~ M, THAT MAY BE ENCODED. THIS MAY BE MAINTAINED WITHIN A
RESOURCE TABLE THAT SPECIFIES THE AMOUNT OF RESOURCES
REQUIRED TO PROCESS ONE QUALITY LAYER PARTITION

!

GIVEN THAT M QUALITY LAYER PARTITIONS MAY BE USED TO ENCODE A
GIVEN FRAME, THE OPTIMUM NUMBER OF QUALITY LAYERS PER FRAME
PARTITION IS DETERMINED BY SOLVING AN OPTIMIZATION PROBLEM THAT
104 ~| ATTEMPTS TO MINIMIZE THE DISTORTION GIVEN THE QUTGOING RATE, THE
MINIMUM NUMBER OF QUALITY LAYERS THAT MAY BE APPLIED TO A GIVEN
FRAME PARTITION IS 0 AND THE MAXIMUM NUMBER OF QUALITY LAYERS
THAT MAY BE APPLIED TO A GIVEN FRAME PARTITION IS PRE-SPECIFIED BY
THE NUMBER OF QUALITY LAYERS THAT THE DECODER MAY HANDLE

R}

GIVEN THAT M QUALITY LAYER PARTITIONS MAY BE USED TO
ENCODE A FRAME AND THE FRAME IS DIVIDED INTO N PARTITIONS,
THE NUMBER OF QUALITY LAYERS ALLOTTED TO A FRAME

e
106 PARTITION CAN BE BASED ON OPERATIONAL RATE DISTORTION
STATISTICS THAT ARE CALCULATED FROM PREVIOUS FRAMES
INITIALLY, LAYERS CAN BE INCREMENTED/DECREMENTED ACROSS
108 - FRAME PARTITIONS IN A CYCLIC FASHION SO THAT EACH FRAME

PARTITION WILL GO THROUGH A RANGE OF QUALITY LAYERS

v

AFTER THE INITIAL PHASE, THE SYSTEM ATTEMPTS TO ALLOCATE THE
NUMBER OF LAYERS TO EACH FRAME PARTITION SO THAT EQUAL SLOPES
110 -7 ARE ACHIEVED AMONG THE OPERATIONAL RATE-DISTORTION CURVES

FOR EACH SLICE. THIS MAY BE DONE BY MONITORING THE BIT-RATE
INCREASE/DECREASE ACROSS FRAMES, AS LAYERS ARE ADDED/DROPPED

FI1G. 4
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1
SYSTEM AND METHOD FOR RATE
CONTROL IN A NETWORK ENVIRONMENT

TECHNICAL FIELD OF THE INVENTION

This invention relates in general to the field of communi-
cations and, more particularly, to a system and a method for
rate control in a network environment.

BACKGROUND OF THE INVENTION

Networking architectures have grown increasingly com-
plex in communication environments. This complexity has
resulted in numerous protocols being implemented to direct
packets in an efficient manner. For example, certain network
elements may exchange packets in order to deliver video
content to one or more end users. Note that with any such
video traffic, rate control should be properly managed. The
two most common parameters in this environment are band-
width and latency.

The ability to offer a system or a protocol that offers an
effective rate control for network elements provides a signifi-
cant challenge to network designers, component manufactur-
ers, service providers, and system administrators alike.

BRIEF DESCRIPTION OF THE DRAWINGS

To provide a more complete understanding of the present
invention and features and advantages thereof, reference is
made to the following description, taken in conjunction with
the accompanying figures, wherein like reference numerals
represent like parts, in which:

FIG. 1 is a simplified block diagram of a communication
system for achieving optimal rate control in a network envi-
ronment in accordance with one embodiment of the present
invention;

FIG. 2 is a simplified block diagram that illustrates a sec-
ond case scenario for slice-based rate control in accordance
with one embodiment of the present invention;

FIG. 3 is a simplified schematic diagram illustrating a
quality layer prediction structure in accordance with one
embodiment of the present invention; and

FIG. 4 is a simplified flowchart illustrating a series of
example steps associated with the communication system.

DETAILED DESCRIPTION OF EXAMPLE
EMBODIMENTS

Overview

A method is provided in one example embodiment and
includes receiving video data and gathering statistics associ-
ated with the video data. At least some of the video data is
broken into slices, each of the slices representing a partition in
a video frame within the video data. Each frame is encoded
with one or more quality layers based on an outgoing rate and
based on a number of central processing unit (CPU) cycles,
wherein one or more quality layers of the frames are dropped
in the encoding process. In more specific embodiments, the
statistics relate to how many bits are used for encoding the
quality layers of the video data and how much complexity is
required for encoding the quality layers of the video data.
After the statistics gathering, adjustments to a network rate
are executed. In other embodiments, a network rate is mea-
sured through a control layer, and the network rate is used to
determine a number of quality layers to use for each of the
frames.
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In yet other embodiments, an amount of available CPU
resources for a given frame translates into a number of quality
layer partitions that are encoded, the resources being factored
in the dropping of the quality layers and being maintained
within a resource table that specifies an amount of resources
required to process one quality layer partition. The number of
quality layers allotted to a frame partition is based on opera-
tional rate distortion statistics that are calculated from previ-
ous frames. After an initial phase, a number of quality layers
to each frame partition are allocated so that equal slopes are
achieved among an operational rate-distortion curve for each
of the slices.

Turning to FIG. 1, FIG. 1 is a simplified block diagram of
a communication system 10 for achieving optimal rate con-
trol in a network environment. FIG. 1 includes a video content
element 12 and a slice-based rate control scalable video codec
(SVC) encode element 16, which is coupled to multiple band-
width elements 18 and 20, which provide different bandwidth
rates (BW1 and BW2) in this example. Also provided in FI1G.
1 are several endpoints 26 and 28.

FIG. 1 may be generally configured or arranged to repre-
sent any communication architecture capable of exchanging
packets in a network environment. Such configurations may
include, for example, first generation, 2G, 2.5G, and 3G
architectures that offer packet-exchanging capabilities for
video data. In addition, communication system 10 may
include any suitable networking protocol or arrangement that
provides a communicative platform for communication sys-
tem 10. Thus, communication system 10 may include a con-
figuration capable of transmission control protocol/internet
protocol (TCP/IP) communications for the transmission or
reception of packets in a network. Communication system 10
may also operate in conjunction with a user datagram proto-
col/IP (UDP/IP) or any other suitable protocol where appro-
priate and based on particular needs.

For purposes of illustrating the techniques of communica-
tion system 10, it is important to understand the somewhat
esoteric communications that may be traversing the network.
The following foundational information may be viewed as a
basis from which the described concept may be properly
explained. Such information is offered earnestly for purposes
of'explanation only and, accordingly, should not be construed
in any way to limit the broad scope of the described concept
and its potential applications.

Note that with any video traffic, rate control is a significant
concern. Typically, rate control problems are based on band-
width and latency. The network determines how much traffic
can be sent given some latency constraints. There should be
some form of rate control on the video data or the audio data,
or both. With new video standards (for example, SVC), there
are added features of scalability available to administrators.
For example, if more packets are added, parameters such as
quality, spatial resolution, and temporal resolution can be
accommodated.

In accordance with the techniques and teachings of the
described concept, communication system 10 can leverage
features of SVC to deliver improved quality for video com-
munications. In one example implementation, communica-
tion system 10 can use slice-based rate control for the quality
level to adjust to the rate. A second aspect of example embodi-
ments of the present invention addresses complexity issues,
as outlined below.

Thus, the problem successfully addressed (in example
embodiments of the present invention) is one of rate control
and complexity reduction via quality layer dropping for an
H.264/SVC encoder. Rate control is necessary for adjusting
the rate of a video bit-stream to be compatible with an end-
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point’s bandwidth and buffer size. Complexity reduction is
often needed for video encoder implementations on embed-
ded systems to maintain real-time encoding. Quality layer
dropping for an H.264/SVC encoder may be used to address
the above two problems without introducing drift into the
encoded stream.

Example embodiments of the present invention can adapt
the rate of an SVC stream to adjust to network rate constraints
and application complexity constraints. FIG. 2 is a simplified
block diagram that illustrates a second case scenario for slice-
based rate control. FIG. 2 also includes a complexity moni-
toring element 34. In the second use case scenario of FIG. 2,
there is a complexity monitoring tool that provides feedback
for the encode element. The complexity monitoring tool is
monitoring hardware/software resources that are being uti-
lized in conjunction with the encoder. The last layers that are
being encoded relate to the last hardware/software resources
that were used. Hence, the complexity-monitoring tool can
keep track of the number of resources needed to encode each
additional layer. As resources are being constrained or over
utilized, layers can be dropped to adapt to the resources that
are available. In one example embodiment, encode element
16 and/or complexity monitoring element 34 may be included
in a media gateway.

The method of adapting the rate may be achieved by adjust-
ing the number layers used for quality scalability. There are
two methods of achieving quality scalability within MPEG 4
Part 10 Annex G (i.e., H.264/SVC). The first method is
referred to as Coarse Grain Scalability (CGS) and offers the
same set of coding tools as Spatial Scalability, which implies
that quality levels may only be switched at key frames. The
second method is referred to as Medium Grain Scalability
(MGS) and this method allows for switching between quality
levels on a per slice basis. Because of the flexibility provided
by MGS, intermediate network nodes that transport an SVC
stream can often drop quality layers to adapt to downstream
bandwidth conditions.

More specific to operational aspects of communication
system 10, layers of slices can be dropped such that the
architecture reuses the reconstruction [after dropping the lay-
ers of slices] to maximize the quality between the endpoints
and SVC encode element 16. Note that one of the appeals of
SVC is that quality layers may be dropped to adapt to a
downstream rate. A disadvantage of doing so might be that it
leads to drift between encoder and decoder. In example
embodiments of the present invention, layers are dropped in
the encoder to avoid drift, where the architecture can opti-
mally allocate a number of layers to a given sub-frame. Fur-
thermore, reference frames can be formed based on the high-
est reconstructed quality layer for each sub-frame.

The number of quality layer partitions that may be pro-
cessed are pre-tabulated based on statistics from previous
frames before the current frame is encoded. As aresult, before
a frame is encoded it can be known how many quality layer
partitions may be used for the frame. Given the number of
quality layer partitions that may be used, hardware or soft-
ware (e.g., an algorithm) is used to divide the quality layers
among the frame partitions. The algorithm attempts to equal-
ize the slope of the operational rate-distortion curves of each
frame partition. These activities are further detailed below.

Before turning to some of the operations of this architec-
ture, a brief discussion is provided about some of the infra-
structure of FIGS. 1 and 2. Endpoints 26 and 28 are clients or
customers wishing to initiate a communication in communi-
cation system 10 via some network element. The term ‘end-
point’ may be inclusive of devices used to initiate a commu-
nication, such as a computer, a personal digital assistant
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(PDA), a laptop or electronic notebook, a cellular telephone,
or any other device, component, element, or object capable of
initiating voice, audio, or data exchanges within communica-
tion system 10. Endpoints 26 and 28 may also be inclusive of
a suitable interface to the human user, such as a microphone,
a display, or a keyboard or other terminal equipment. End-
points 26 and 28 may also be any device that seeks to initiate
acommunication on behalf of another entity or element, such
as a program, a database, or any other component, device,
element, or object capable of initiating a voice or a data
exchange within communication system 10. Data, as used
herein in this document, refers to any type of numeric, voice,
video, or script data, or any type of source or object code, or
any other suitable information in any appropriate format that
may be communicated from one point to another.

Each bandwidth element 18 and 20 represents some net-
work connectivity. These networks may also include authen-
tication features provided to the endpoints. The network
could be a packet data network (PDN), a local area network
(LAN), a wireless LAN (WLAN), a metropolitan area net-
work (MAN), or a wide area network (WAN), a virtual private
network (VPN), or any other appropriate architecture or sys-
tem that facilitates communications in a network environ-
ment.

Video content element 12 is a content server in one
example implementation, but could alternatively be any ele-
ment or intermediary that delivers, serves, or otherwise pro-
vides content (video, audio, and/or any other suitable data) to
one or more end users or endpoints.

FIG. 3 is a simplified schematic diagram illustrating a
quality layer prediction structure. Quality layer 1 (50) is
illustrated along with quality layer 0 (60) for purposes of
simplification, as more quality layers could certainly be pro-
vided. In essence, this FIGURE is showing a prediction struc-
ture of how quality layers may be encoded. Layer 1 depends
on layer 0, as the protocol is dependent in nature. Note that
there should be an optimal coordination in dropping layers in
order to effectively manage inputs and outputs for an encoder
and a decoder. Thus, rate control should be accomplished in
the context of end-to-end quality between encoder and
decoder.

Quality layers can use the highest quality reconstructions
for prediction (except for key frames). Dropping MGS layers
will often lead to drift between the encoder and decoder due
to the prediction structures that are used within MGS. A
prominent prediction structure for MGS is based on using the
highest reconstructed quality layer for prediction (as high-
lighted by FIG. 3).

In operation, the encoder can partition frames into slices
and encode each slice using a varying amount of quality
layers. Stated in other terms, the encoder may perform drop-
ping of MGS layers, while intelligently encoding to avoid
drift between the encoder and decoder to address:

1) rate control—Rate control is needed to match the receiv-
ing rate of the decoder. This could be achieved by adapt-
ing the quantization parameter at a frame or macroblock
level. H.264/SVC provides a framework that allows
layer dropping at a slice level, which can be achieved
using less complex methods than are needed at a mac-
roblock level, and provides finer rate-distortion control
than operating at a frame level.

2) complexity—The variance of central processing unit
(CPU) performance may often vary significantly
depending on the input content. In order to maintain
real-time performance, it is common practice to drop
frames to adapt to complexity. In the H.264/SVC para-
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digm, quality layer slices may be dropped instead of
frames to maintain finer control of quality versus perfor-
mance.

Turning now to the example flow of FIG. 4, FIG. 4 is a
simplified flowchart that includes a series of example steps
associated with an operation of communication system 10.
More specifically, FIG. 4 illustrates an example algorithm
that can be used to manage complexity and rate control by
dropping MGS slices. The illustration of FIG. 4 has been
provided for purposes of teaching only and, therefore, should
be construed as such. To determine the number of quality
layers to encode for each frame, both the outgoing rate and the
number of available CPU cycles should be taken into consid-
eration. To address these issues, the following flow is pro-
posed.

As the video content comes in, some form of statistics
gathering occurs. For example, the architecture begins encod-
ing with a different amount of layers for each slice. A slice is
referred to as a partition in a video frame. At step 100, each
frame is divided into n partitions. In a general sense, each
slice can be thought of as a row. Each row may be encoded
with a varying amount of layers. The purpose of this is to
provide some statistical gathering of how many bits are
required for encoding each layer and how much complexity is
required for encoding each layer. After this initial training
phase, the system can begin adjusting to the actual rate for the
network. The rate of the network can be measured through a
control layer. Given the rate, the algorithm can start trying to
determine an optimal number of layers to use [per frame].

Thus, returning to the flow, at step 102, the amount of
available CPU resources for a given frame translates into the
number of quality layer partitions, m, that may be encoded.
This may be maintained within a resource table that specifies
the amount of resources required to process one quality layer
partition.

At step 104, given that m quality layer partitions may be
used to encode a given frame, the optimum number of quality
layers per frame partition is determined by solving an opti-
mization problem that attempts to minimize the distortion
given the outgoing rate. The minimum number of quality
layers that may be applied to a given frame partition is 0 and
the maximum number of quality layers that may be applied to
a given frame partition can be pre-specified by the number of
quality layers that the decoder may handle. In one example,
only the base layer is encoded. Heuristics can be applied to
determine the number of quality layers used for encoding a
frame partition.

At step 106, given that m quality layer partitions may be
used to encode a frame and the frame is divided into n parti-
tions, the number of quality layers allotted to a frame partition
can be based on operational rate distortion statistics, which
are calculated from previous frames. At step 108, initially,
layers can be incremented/decremented across frame parti-
tions in a cyclic fashion so that each frame partition can go
through a range of quality layers.

At step 110, after the initial phase, the system attempts to
allocate the number of layers to each frame partition so that
equal slopes are achieved among the operational rate-distor-
tion curves for each slice. This may be done by monitoring the
bit-rate increase/decrease across frames, as layers are added/
dropped.

Note that the curve measures the rate versus the actual
distortion from dropping a single layer. In one example, a
mathematical computation yields a protocol for dropping
layers within each row of the video stream. Stated otherwise,
it determines the optimal number of layers to encode each row
within the video frame.
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Thus, such a flow can use MGS quality layers to achieve
quality scalability within an H.264/SVC bit-stream. The
quality layers are typically dropped downstream of the
encoder to adjust to the available bandwidth downstream of a
network element (e.g., arouter). For certain example embodi-
ments of the present invention, it is proposed that the quality
layers may be dropped within the encoding process to achieve
rate-control and complexity reduction. For the case where
quality layers are dropped downstream of an encoder, drift is
generally introduced because the quality layers are encoded
using an open-loop system. In communication system 10,
drift is not introduced because the reconstructed frames can
be based on the highest quality layer that is not dropped.
Either constant bit rate (CBR) or variable bit rate (VBR) rate
control may be performed without the need to adjust quanti-
zation parameters on a per-macroblock/frame basis. Quality
layers can be dropped on a per-slice basis.

For complexity reduction, a moving average representing
the number of cycles spent per macroblock may be kept. Ifthe
number of cycles per macroblock exceeds the macroblock
budget needed for maintaining real-time encoding, then qual-
ity layers may be dropped. A statistic that indicates the num-
ber of cycles per macroblock for encoding each additional
layer may also be maintained by using cycle counters avail-
able on an embedded platform. This cycle per macroblock
statistic is useful in determining the number of layers that
should be dropped to maintain real-time encoding.

Interms of advantages, rate control is important for adjust-
ing to an endpoint’s bandwidth and buffer size. The method
outlined above allows for drift free rate control: without hav-
ing to modify quantization parameters on a per frame/mac-
roblock basis. Such an architecture can also allow for a
method of achieving drift free complexity reduction.

In one example embodiment, encode element 16 and/or
complexity monitoring element 34 are included in a media
gateway, as outlined above. In other embodiments, these ele-
ments are included in any suitable network element. As used
herein in this Specification, the term ‘network element’ is
meant to encompass routers, switches, any type of gateways,
bridges, loadbalancers, firewalls, or any other suitable device,
component, element, or object operable to exchange infor-
mation in a network environment. Moreover, these elements
may include any suitable hardware, software, components,
modules, interfaces, or objects that facilitate the operations
thereof. This may be inclusive of appropriate algorithms (dis-
closed herein by way of one possible example) and commu-
nication protocols that allow for the effective exchange of
data or information.

One or more tables may also be included in the network
elements. In other embodiments, these tables may be pro-
vided externally to the network elements, or consolidated in
any suitable fashion. The tables can be memory elements for
storing information to be referenced by their corresponding
network element. As used herein in this document, the term
‘table’ is inclusive of any suitable database or storage medium
(provided in any appropriate format) that is capable of main-
taining information pertinent to the video and/or processing
operations of the proposed architecture. For example, the
tables may store information in an electronic register, dia-
gram, record, index, list, or queue. Alternatively, the tables
may keep information in any suitable random access memory
(RAM), read only memory (ROM), erasable programmable
ROM (EPROM), electronically erasable PROM (EEPROM),
application specific integrated circuit (ASIC), software, hard-
ware, or in any other suitable component, device, element, or
object where appropriate and based on particular needs.
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In one example implementation, the network element (e.g.,
the media gateway) includes software to achieve the optimal
rate control operations, as outlined herein in this document. In
other embodiments, this feature may be provided external to
the network element or included in some other network
device to achieve this intended functionality. Alternatively,
both the network element and some other network appliance
include this software (or reciprocating software) that can
coordinate in order to achieve the operations, as outlined
herein. In still other embodiments, one or both of these
devices may include any suitable algorithms, hardware, soft-
ware, components, modules, interfaces, or objects that facili-
tate the operations thereof. This may be inclusive of appro-
priate communication protocols that allow for the effective
exchange of data or information for achieving rate control in
a network environment.

The network element (e.g., the media gateway) can also
include memory elements for storing information to be used
in achieving the rate control activities, as outlined herein.
Additionally, each of these devices may include a processor
that can execute software or an algorithm to perform the rate
control activities, as discussed in this Specification. These
network elements may further keep information in any suit-
able random access memory (RAM), read only memory
(ROM), erasable programmable ROM (EPROM), electroni-
cally erasable PROM (EEPROM), application specific inte-
grated circuit (ASIC), software, hardware, or in any other
suitable component, device, element, or object where appro-
priate and based on particular needs.

Note that with the example provided above, as well as
numerous other examples provided herein, interaction may
be described in terms of two, three, or four network elements.
However, this has been done for purposes of clarity and
example only. In certain cases, it may be easier to describe
one or more of the functionalities of a given set of flows by
only referencing a limited number of network elements. It
should be appreciated that communication system 10 (and its
teachings) are readily scalable and can accommodate a large
number of components, as well as more complicated/sophis-
ticated arrangements and configurations. Accordingly, the
examples provided should not limit the scope or inhibit the
broad teachings of communication system 10 as potentially
applied to a myriad of other architectures.

It is also important to note that the steps in FIG. 4 illustrate
only some of the possible scenarios that may be executed by,
or within, communication system 10. Some of these steps
may be deleted or removed where appropriate, or these steps
may be modified or changed considerably without departing
from the scope of the described concept. In addition, a num-
ber of these operations have been described as being executed
concurrently with, or in parallel to, one or more additional
operations. However, the timing of these operations may be
altered considerably. The preceding operational flows have
been offered for purposes of example and discussion. Sub-
stantial flexibility is provided by communication system 10 in
that any suitable arrangements, chronologies, configurations,
and timing mechanisms may be provided without departing
from the teachings of the described concept.

Although the described concept has been described in
detail with reference to particular arrangements and configu-
rations, these example configurations and arrangements may
be changed significantly without departing from the scope of
the described concept. For example, although the described
concept has been described with reference to particular com-
munication exchanges involving certain protocols (e.g.,
H.264/SVC), communication system 10 may be applicable to
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other protocols in which packets (not necessarily the packets
described) are exchanged in order to provide video data to one
or more endpoints.

Moreover, communication system 10 may be applicable to
any suitable element or component within the network that
seeks to control rate. The use of hardware in the previous
discussions (e.g., a decoder and an encoder) may be replaced
by any other element or combination of elements tasked with
processing responsibilities for video and/or audio data. Fur-
thermore, any application where there is a need to control rate
may benefit from the teachings of communication system 10.
In addition, although communication system 10 has been
illustrated with reference to particular elements and opera-
tions that facilitate the communication process, these ele-
ments and operations may be replaced by any suitable archi-
tecture or process that achieves the intended functionality of
communication system 10.

Numerous other changes, substitutions, variations, alter-
ations, and modifications may be ascertained to one skilled in
the art and it is intended that the described concept encompass
all such changes, substitutions, variations, alterations, and
modifications as falling within the scope of the appended
claims. In order to assist the United States Patent and Trade-
mark Office (USPTO) and, additionally, any readers of any
patent issued on this application in interpreting the claims
appended hereto, Applicant wishes to note that the Applicant:
(a) does not intend any of the appended claims to invoke
paragraph six (6) of 35 U.S.C. section 112 as it exists on the
date of the filing hereof unless the words “means for” or “step
for” are specifically used in the particular claims; and (b) does
not intend, by any statement in the specification, to limit this
invention in any way that is not otherwise reflected in the
appended claims.

What is claimed is:
1. A method, comprising:
receiving video data at an encoding device;
gathering statistics associated with the video data, wherein
at least some of the video data is broken into slices, each
of the slices representing a partition in a video frame
within the video data;
encoding, each frame with one or more quality layers,
wherein an amount of the one or more quality layers is
based on an outgoing rate that matches a receiving rate
of a decoder, wherein an amount of available central
processing unit (CPU) resources for a given frame trans-
lates into a number of quality layer partitions that are
encoded;
allocating a number of quality layers to each frame parti-
tion after an initial phase so that equal slopes are
achieved among an operational rate-distortion curve for
each of'the slices, wherein the number of quality layers
allotted to a frame partition is based on operational rate
distortion statistics that are calculated from previous
frames; and
dropping one or more quality layers of the frames on a per
slice basis in the encoding process, wherein the available
CPU resources are factored in the dropping of the quality
layers and the available CPU resources are maintained
within a resource table that specifies an amount of
resources required to process one quality layer partition.
2. The method of claim 1, wherein the statistics further
relate to how much complexity is required for encoding the
quality layers of the video data.
3. The method of claim 1, wherein, after the statistics
gathering, adjustments to a network rate are executed.
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4. The method of claim 1, wherein a network rate is mea-
sured through a control layer, and wherein the network rate is
used to determine a number of quality layers to use for each of
the frames.

5. The method of claim 1, wherein a moving average rep-
resenting a number of cycles spent per macroblock is main-
tained and if the number of cycles per macroblock exceeds a
macroblock budget needed for maintaining real-time encod-
ing, then one or more quality layers are dropped in the encod-
ing process.

6. The method of claim 1, wherein slices are dropped such
that reconstruction data is reused after dropping the slices to
control quality parameters between an endpoint and an
encoder element.

7. An apparatus, comprising:

a memory element configured to store data;

a processor configured to execute instructions associated

with the data;
a central engine configured to interface with the memory
element and the processor, wherein the apparatus is con-
figured for:
receiving video data at an encode element, wherein sta-
tistics associated with the video data are gathered, and
wherein at least some of the video data is broken into
slices, each of the slices representing a partition in a
video frame within the video data;

encoding each frame with one or more quality layers
based on an outgoing rate that matches a receiving
rate of a decoder, wherein an amount of available
central processing unit (CPU) resources for a given
frame translates into a number of quality layer parti-
tions that are encoded;

allocating a number of quality layers to each frame par-
tition after an initial phase so that equal slopes are
achieved among an operational rate-distortion curve
for each of the slices, wherein the number of quality
layers allotted to a frame partition is based on opera-
tional rate distortion statistics that are calculated from
previous frames; and

dropping one or more quality layers of the frames on a
per slice basis in the encoding process, wherein the
available CPU resources are factored in the dropping
of the quality layers and the available CPU resources
are maintained within a resource table that specifies
an amount of resources required to process one qual-
ity layer partition and wherein one or more quality
layers of the frames are dropped on a per slice basis in
an encoding process.

8. The apparatus of claim 7, wherein the statistics further
relate to how much complexity is required for encoding the
quality layers of the video data.

9. The apparatus of claim 7, wherein, after the statistics
gathering, adjustments to a network rate are executed, and
wherein the network rate is measured through a control layer,
and wherein the network rate is used to determine a number of
quality layers to use for each of the frames.

10. Logic encoded in one or more non-transitory tangible
media that includes code for execution and when executed by
a processor is configured to perform operations comprising:

receiving video data;

gathering statistics associated with the video data, wherein
at least some of the video data is broken into slices each
of the slices representing a partition in a video frame
within the video data;

encoding each frame with one or more quality layers based
on an outgoing rate that matches a receiving rate of a
decoder, wherein an amount of available central pro-
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cessing unit (CPU) resources for a given frame translates
into a number of quality layer partitions that are
encoded;

allocating a number of quality layers to each frame parti-
tion after an initial phase so that equal slopes are
achieved among an operational rate-distortion curve for
each of'the slices, wherein the number of quality layers
allotted to a frame partition is based on operational rate
distortion statistics that are calculated from previous
frames; and

dropping one or more quality layers of the frames on a per
slice basis in the encoding process, wherein the available
CPU resources are factored in the dropping of the quality
layers and the available CPU resources are maintained
within a resource table that specifies an amount of
resources required to process one quality layer partition.

11. The logic of claim 10, wherein the statistics further
relate to how much complexity is required for encoding the
quality layers of the video data, wherein, after the statistics
gathering, adjustments to a network rate are executed.

12. The logic of claim 10, wherein a moving average rep-
resenting a number of cycles spent per macroblock is main-
tained and if the number of cycles per macroblock exceeds a
macroblock budget needed for maintaining real-time encod-
ing, then one or more quality layers are dropped in the encod-
ing process.

13. The logic of claim 10, wherein slices are dropped such
that reconstruction data is reused after dropping the slices to
control quality parameters between an endpoint and an
encoder element, and wherein reference frames are formed
based on a reconstructed quality layer for one or more sub-
frames.

14. A system, comprising:

a complex monitoring device included in a media gateway,
the complex monitoring device configured for:
gathering statistics associated with video data, wherein

at least some of the video data is broken into slices,
each of the slices representing a partition in a video
frame within the video data; and
an encode device configured for:
encoding each frame with one or more quality layers
based on an outgoing rate that matches a receiving
rate of a decoder, wherein an amount of available
central processing unit (CPU) resources for a given
frame translates into a number of quality layer parti-
tions that are encoded;

allocating a number of quality layers to each frame par-
tition after an initial phase so that equal slopes are
achieved among an operational rate-distortion curve
for each of the slices, wherein the number of quality
layers allotted to a frame partition is based on opera-
tional rate distortion statistics that are calculated from
previous frames; and

dropping one or more quality layers of the frames on a
per slice basis in the encoding process, wherein the
available CPU resources are factored in the dropping
of the quality layers and the available CPU resources
are maintained within a resource table that specifies
an amount of resources required to process one qual-
ity layer partition, wherein one or more quality layers
of the frames are dropped on a per slice basis in the
encoding process.

15. The system of claim 14, wherein the statistics further
relate to how much complexity is required for encoding the
quality layers of the video data.

16. The system of claim 14, wherein, after the statistics
gathering, adjustments to a network rate are executed.
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17. The system of claim 14, wherein a network rate is
measured through a control layer, and wherein the network
rate is used to determine a number of quality layers to use for
each of the frames.

18. The system of claim 14, wherein reference frames are 5
formed based on a reconstructed quality layer for one or more
sub-frames.
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